Open-loop fiber-optic gyroscopes 1FOG's2 are generally less stable than closed-loop FOG's, yet they offer simpler implementation. We propose a modification of the harmonic division algorithm for an open-loop FOG, which is more stable and also simpler for implementation than the original one. It is shown that when the analog signal is properly sampled and quantized, the performance of our algorithm reaches that of closed-loop FOG's. Our algorithm may be implemented by the use of off-the-shelf component, and does not require an integrated optics circuit.
Introduction

A. Closed-Loop versus Open-Loop Signal Processing
In the interferometric fiber-optic gyroscope 1FOG2, 1,2 a signal processing scheme is needed to extract the rotation-rate phase shift, F r , from the detector output. Accurate and stable estimation of the rotation rate must be made in the presence of noise and changing environmental conditions. For this purpose, many signal processing schemes have been proposed. [3] [4] [5] [6] [7] [8] [9] These schemes are generally categorized into two groups: open loop and closed loop. Although it has been suggested 9,10 that high-performance systems require closed-loop operation, continued research is directed toward the improvement of open-loop configurations.
Closed-loop schemes introduce a nonreciprocal phase shift that is equal in magnitude and opposite in sign to the rotation-induced Sagnac phase shift, in order to null the total phase shift. An important advantage of these schemes is that by operation around the zero point, the estimation of the rotation rate is insensitive to the optical power, the electronic gain, or any other multiplicative factors. Indeed, very high performances have been demonstrated with closed-loop FOG's. For example, in 1990 Lefevre et al. 9 demonstrated a system with a random error of 10 26 rad@OEHz, a bias stability of 5 3 10 27 rad 11 s2, and a scale factor stability of 10 ppm 1parts in 10 6 , 1 s). (These figures are given in units of radians rather than in degrees per hour to remove the dependence on the scale factor of the system, which varies from system to system according to the fiber length, the coil diameter, and the wavelength of the source. 2 However, closed-loop operation requires a frequency shifter or a wide-bandwidth phase modulator, commonly implemented by an integrated optics modulator. The inclusion of the integrated optics chip in the optical loop complicates it in comparison with the all-fiber configuration, and it results in increased backreflections and in loss of optical power. In addition, an integrated optics modulator may not always be available at a given place and time. In contrast, open-loop systems directly extract the Sagnac phase shift from the electrical signal. The dynamic bias modulation is a sinusoidal wave generated by a resonant modulator, such as a piezoelectric cylinder, around which the fiber is wound several times. Generally the first harmonic of the modulation frequency, proportional to sin1F r 2, is used to obtain F r at low rotation rates. However, the power at the first harmonic is dependent on factors such as the optical power, P 0 , and the modulation depth, F m , which may vary slowly with time, causing undesired bias drifts. To compensate for variations of these factors, researchers have proposed several signal processing schemes. Among these are the harmonic division scheme proposed by Bohm and co-workers 3, 4 and the synthetic heterodyne technique, 2, 5 in which the optical phase shift, F r , is converted into the phase shift of a sinusoidal electrical signal, which can be easily measured. Although these signal processing schemes compensate for variations in P 0 and F m , the stability of these configurations is in general one or two orders of magnitude lower than that obtained by closed-loop FOG's. [2] [3] [4] [5] [6] [7] [8] [9] [10] Hence there is an interest in developing an open-loop all-fiber FOG that does not require an integrated optics modulator yet obtains the high stability of closed-loop FOG's.
B. Analog versus Digital Configurations
One of the reasons for the large scale factor errors typical of open-loop FOG's is the instability of analog components such as lock-in amplifiers. This is especially problematic when several harmonics have to be measured and compared. A much more robust means of measuring the spectral components of a signal is to sample it and to perform a digital Fourier transform on the data. The digital form of the data also lends itself to more sophisticated signal processing, including accurate measurement and compensation of the physical state of the system. For undesired aliasing and quantization errors to be avoided, the signal is appropriately sampled so that the artifacts are negligible and do not limit the system's performance. The conditions for appropriate sampling are discussed in Section 3.
C. Harmonic Division Algorithm
When the dynamic bias is a sinusoidal phase shift produced by a piezoelectric modulator, the signal at the detector is approximately given by
where J n are the nth order Bessel functions of the first kind. The first four harmonics are
In 1983 Bohm et al. 3 devised an algorithm for the estimation of F r , which is robust to changes in the physical state of the system. Here rotation rate F r is given by
This equation for F r is invariant to drifts of the source power and the electronic gain. However, drifts in F m will cause drifts in the scale factor. In order to control F m , one takes the ratio of the second and fourth harmonics:
This ratio is independent of F r and P 0 and thus can serve for controlling F m . The measurement of the harmonics was performed by the process of sampling the signal and calculating a digital Fourier transform. 3, 4 However, the process of the digitization increased the noise in comparison with the noise that was measured by a lock-in amplifier. The noise was increased by a factor of 27 in the original configuration of 1983 3 and by a factor of 3 in an improved configuration reported in 1987. 4 The scale factor stability was only 1% in 1983 and 0.1% in 1987.
Here we attempt to show that by proper sampling of the signal, it is possible for one to minimize the noise and reduce the residual bias drifts to negligible values, thus obtaining both the accuracy and stability typical of closed-loop FOG's while retaining the advantages and simplicity of open-loop systems.
Proposed Configuration
A. Description
The signal at the detector, given by Eq. 112, is composed of harmonics of the modulation frequency, f m 5 v m @2p. The signal is sampled at a sampling frequency, f s , that is 16 to 64 times higher than f m 1 f s < 10 MHz2. There is no need for a low-pass filter before the sampling, because the relative power of the aliased harmonics is 10 28 to 10 270 for f s < 16f m and f s < 64f m , respectively.
The sampled signal is converted to a digital form by an analog-to-digital 1A@D2 converter of 12 to 14 bits, and this ensures that the quantization level is finer than the standard deviation of the noise, as is explained in Section 3. A digital Fourier transform calculates harmonics S 1 to S 4 , from which F r is calculated according to Eq. 132. Contrary to Bohm's technique, 3,4 the ratio of S 2 and S 4 3Eq. 1424 is not used for controlling F m . Rather, Eq. 142 is inverted into a function F m 1S 2 @S 4 2, and this value is used for the calculation of scale factor J 2 1F m 2@J 1 1F m 2 in Eq. 132. This operation may be performed by the use of a look-up table or a high-order polynomial. Thus a function F r 1S 1 , S 2 , S 4 2 is given, which is independent of P 0 and F m . This has the advantages of greater accuracy and simpler design.
Ratio S 2 @S 4 5 P 0 g J 2 1F m 2cos1F r 2@P 0 g J 4 1F m 2cos1F r 2 becomes sensitive to noise when F r < p@2 and cos1F r 2 < 0. Thus in this case it is preferable to estimate F m from ratio
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In our configuration, the estimation of F m is given by S 1 @S 3 when p@4 # F r 6 np # 3p@4 1n is an integer2.
B. Sensitivity to Random Noise
When random noise is added to the signal, an error in the estimation of F r is produced. This error is composed of a random term and a bias term, caused by nonlinearities in Eqs. 132, 142, and 152. It is shown below how both of these error terms can be minimized.
First-Order 1Random2 Error
The random errors are given by Note that the bias error is zero at zero rotation rate, and also that it is antisymmetric around F r 5 0. Thus random vibrations are averaged to zero. Another important characteristic of relations 192 and 1102 is that the bias and scale factor errors are proportional to s 2 . If M readouts of harmonics S i are averaged before the nonlinear transformation of Eqs. 132, 142, and 152, is performed, then the noise is reduced by a factor of OEM and the second-order errors are reduced by a factor of M.
Effects of the Digitization
As mentioned in Section 1, the digitization of the signal may introduce artifacts, thereby causing large drifts. To prevent this from happening, one should make sure that the sampling follows Nyquist's theorem and that the quantization is finer than the analog noise. The subject of the sampling frequency and the residual aliasing was treated in Section 2, and here we analyze the subject of the quantization. When an analog signal is quantized with a quantization step, q, an error between 2q@2 and q@2 arises. This may severely limit the dynamic range of a system such as a FOG, because current fast A@D converters 110 MHz2 have a depth of only 12-14 bits 110 4 levels2. We are interested in a dynamic range of the order of 10 7 . However, when noise is present on the analog signal, it is found that the quantization does not limit the dynamic range of the system. The quantization causes both a random error and a bias error. The magnitude of the random error is
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If the standard deviation of the noise on the analog signal is s, then the total noise is 
4, 1132
which is 10 23 q, 10 29 q, and 10 235 q, for q@s 5 2, 1, and 1@2, respectively. It is seen that for the requirements of a high-performance FOG, q@s 5 1 gives a negligible bias error. Therefore it is concluded that, when the quantization level of the A@D converter is finer than the standard deviation of the analog noise, then the signal is not distorted by the quantization process. Additionally, if the analog noise is substantially smaller than the quantization level, then it is beneficial to increase the analog noise and paradoxically increase the accuracy of the system. By calculating the expected noise levels, we found that for typical FOG's, 12-14-bit A@D converters are sufficient.
Theoretical Performance
A computer simulation was written in order to verify the analytic derivations described above. Real world figures, such as those listed below, were used in the simulation. The noise was composed of dark noise, shot noise, and excess 1source2 noise. Systematic errors, such as nonlinearities of the A@D converter, can be corrected by the use of look-up tables. Gain and offset drifts are inherently compensated for by our scheme. We found that for an output power in the range of 10 to 30 µW, the limiting noise source was the excess noise. For a 14-bit system the random error in F r was less than 7 3 10 27 rad@OEHz. For a 12-bit system the noise is approximately 10 26 rad@OEHz. The maximum bias error was of the order of 10 28 rad. The scale factor stability of F r was better than 10 28 . This analysis shows that a very high performance may be obtained by open-loop FOG's by the use of digital harmonics division algorithm. In practice, the bias and scale factor errors are not limited by the signal processing. The bias error is limited to approximately 10 27 rad by the residual cross polarizations, 12 whereas the scale factor accuracy is limited by the proportionality constant between V and F r :
where l is the wavelength of the light in vacuum, c is the velocity of light in vacuum, L is the fiber length, and D is the coil diameter. The stability of l is of the order of 10 25 for most practical cases, 12 which is 3 orders of magnitude worse than the stability obtained in the calculation of F r .
Conclusion
The harmonic division algorithm proposed by Bohm and co-workers 3, 4 was modified so that closed-loop control of F m is not required. Instead, F m is mathematically estimated, and its value is used to calculate the required compensation factor. It was shown that, when the analog signal is properly quantized, artifacts caused by the quantization are reduced to a negligible level. Then the open-loop signal processing may give accuracy and stability much closer to that of closed-loop systems, while retaining the simplicity of all-fiber open-loop FOG's. In addition, this signal processing scheme does not require the use of an integrated optics chip.
